While voice transport over IP is not any longer a dream but a real@, the capacity to offer IN-like services, as value added services within VoIP environments has still been rarely treated and implemented. In this paper we present an overview on the subject and the work currently on development, within the IST Project GEMINI, towards the implementation of IN IPbased services and its interoperabiliy with traditional PSTN-SS7-IN networks.
1.
Introduction. This paper aims to present the authors' view of the telephony to come. Firstly an evolutionary description is shown in Section 2, presenting the transition from plain voice services towards intelligent services (IS) in traditional public switched telephone networks (PSTN). Section 3 presents the way in which the "packet network" trend affects PSTN and how the migration towards this technology realm may be translated in telephony environments. Section 4 deals with the description of current proposals and standard protocols that allow this network convergence. Finally, section 5 describes the IST Gemini Project in which the authors are currently involved.
2. From plain services to the IN concept. Subscribers of early telephony systems were used to deal with an operator that manually switched their connection requests towards destination in order to establish a successful phone call. The increase. in the number or subscribers !&gered the use of electromechanical exchanges and the service logic was in this way automated. At this stage, the role of the manual operator shifted to provide assistance for more advanced services like conference calls or charge information. It can be said that the operator provided the intelligence required for value added services: those not related to the connection set-up but to its content. When stored program controlled (SPC) technology generalized. some of these. supplementary services were integrated into local exchanges. what allowed users to access services in the quick and transparent way we are already used to. and at the same time, allowed an increase.
0-7803-7661-7/03/$17.~2003 IEEE in the operator-company revenues from a wider span of fees. The proliferation of SPC exchanges in telecommunicationoperator (telco) networks forced the centralization of supplementary services in special network nodes in order to facilitate the update and introduction of such these services. This required databases for service and subscriber data as well as a supporting robust signalling system. This separation of the service logic from the switching logic was branded as network intelligence and gave birth to the concept of intelligent network (!N) 111.
2.1.

IN & SS7.
It is not the aim of this article to provide a complete description of the SS7 and IN The set of ITU-T recommendations Q.7xx defines the architecture, protocols and mechanism to provide an internationally standardized general purpose common channel signalling (CCS) system optimised for operation in digital telecommunication networks in conjunction with stored program controlled exchanges, that can meet present and future requirements of information transfer for call control, remote control, and management and maintenance and provides a reliable means for transfer of information in correct sequence and without loss or duplication As shown in figure 4, the interoperability between this packet-based telephony network with the legacy PSTNAN systems should be a must in order to assure a proper return of investment (ROI) to telcos so that the transition towards a complete packet-based telephony network can be done in a smooth non radical way. This transparent operation between legacy and new (packet based) telephony systems forms what the authors understand as "converged network".
Enabling Protocols and Architectures.
In this section we try to, briefly, introduce the current standard protocols enabling the presented network connectivity as well as those still upon discussion.
4.1.
ITU H.323 Initially targeted to multimedia conferences over LANs that do not provide guaranteed quality of service QoS, ITU-T H.323 has evolved towards the MAN 
4.4.
IETFSIP The Session Initiation Protocol [ 161 is an application-layer control signaling protocol for creating, modifying and terminating sessions with one or more participants. SIP has atkacted a lot of attention because of its simplicity and ability to support rapid introduction of new services, mainly due to its addressing scheme, URL based, and the support of MIME type of data. There are two major architectural elements to SIP: the Server, and the User Agent (UA). There exist three different server types, a redirect server, a proxy server, and a registrar server. The UA resides at the SIP end station, and contains two components: a User Agent Client (UAC), which is responsible of issuing SIP requests, and a User Agent Server (UAS), which responds to such requests. The functional architecture of an SIP system is depicted in figure I.
It is in the realm of SIP where most of the discussions on IN services in VoIP networks and interoperability with legacy SS7-IN is happening. In the following paragraphs we briefly comment them. SIP-T SIP for Telephones (SIP-T) focuses on how SIP should be used to provide ISUP transparency across PSTN-IP interconnections. This is achieved using both translation and encapsulation of ISUP messages into SIP messages. At SIP-ISUP gateways, SS7 ISUP messages are encapsulated within SIP. Intermediaries like proxy servers that make routing decisions for SIP requests cannot be expected to understand ISUP, so simultaneously, some critical information is translated from an ISUP message into the corresponding SIP headers in order to determine how the SIP request will be routed The functionality of the services available on the PSTNflSDN side and provided by the IP realm, will be a subset of the functionality used on the IP side due to evident reasons ( i.e. bandwidth, terminal and network capabilities, etc). The determination of the service information to be carried out at each side ( IP or PSTN) will be performed by the GEMINI architecture.
The end result will be value-added telephony services with a high degree of personalization, and extensions U, the traditional IN services, expressed as hybrid, innovative solutions to cater for end users' needs involving PSTN and IP-based endpoints. It must be noted that the services that GEMINI will design and implement do not aim to take over telco services, but merely to augment them. Furthermore, GEMINI does not aim at introducing new communication protocols. Instead, current state-of-the-art approaches will be used and, if needed, extended [21] . Currently closing the specification stage of the project, the trials and demonstrations are expected to be carried in the autum of 2003, after the development stage, to conclude the project in the spring of 2004. Updated information and contacts to the project partner& may be found in the world wide web link: httdlsemini .otenet.nr/ 6. Conclusion. A brief description of the evolution of signalling has been given as well as a somere description of some of the enabler protocols and architectures for telephony signalling in IP and P-SS7 converged networks. Finally the GEMWI project has been introduced and its main aims and innovative architectural features presented. 
